(1) Gain reduction affects both speech and noise signals. The rationale in gain reduction is that it minimizes the masking (and upward spread of masking) effect of noise to improve speech intelligibility. 5, 6 Unfortunately, gain reduction affects both speech and noise stimuli to the same extent. Thus, the speech-to-noise ratio (SNR) using uniform gain reduction will not be improved. Furthermore, it is possible for intelligibility to even decrease.
Fortunately, many noise-reduction algorithms use differential gain reduction. Gain for frequency regions that are important to speech understanding is reduced less than gain for the less important frequency regions. This has been used in the Senso (Diva and Vita) hearing aids through the Speech Intensification System (SIS), which applies less gain reduction to the mid-and high frequencies than to the low frequencies for the same SNR. This approach has been effective in preserving speech intelligibility during noise reduction. However, one must recognize that this is a preservation approach and may not improve intelligibility because it does not improve audibility. Only for low-frequency band-limited noise situations (e.g., aircraft noise) did one evidence a small improvement in speech intelligibility and listening comfort. 5, 7 (2) The effect of hearing loss has not been considered. Currently, most noise-reduction algorithms reduce gain as a function of the noise levels (and possibly SNRs of the environments). Whereas the effect of gain reduction may still leave sufficient audibility of sounds for someone with a moderate loss (say, flat 40-dB), it may result in insufficient audibility for someone with a more severe loss (say 70 dB flat). This is seen in Figure 1 , which shows the output of a hearing aid fitted to someone with a flat 40-dB HL hearing loss (left) and a flat 70-dB HL hearing loss (right) after the output had been attenuated by a uniform 12 dB. The shaded area is the amplified speech spectrum (raised speech), while the green line represents its average level. The red line is the equivalent masking level of the noise (hair dryer noise) after the 12-dB gain reduction. The shaded yellow area is the portion of the amplified speech spectrum that is above the wearer's thresholds and equivalent masking level. In other words, the yellow area is the audible speech area. One can easily see that with the uniform gain reduction, the wearer with a moderate loss is still able to hear a large portion of the amplified speech. However, that is not true for the wearer with the flat 70-dB HL hearing loss. The patient's hearing loss is important for determining the amount of noise (or gain) reduction that will ensure audibility and comfort.
(3) Gain increase may be necessary. It would seem logical that any approaches to improve speech intelligibility and listening comfort in noise would have to incorporate the advantages of present-day noise-reduction approaches while overcoming their limitations. That is, gain reduction may be necessary to improve listening comfort, but it may not be sufficient to improve speech intelligibility as well. First and foremost, one may need to individualize the gain adjustment (increase or decrease) so that it is in accordance with the wearer's thresholds to ensure audibility. At the same time, one may also need to increase gain judiciously to enhance speech intelligibility.
Increasing gain during noise reduction is not a novel concept. Indeed, such considerations were attempted in the development of a commercial analog hearing aid in which the low-frequency gain reduction with increasing input levels was accompanied by a gain increase in the mid-and high-frequency as well. 8 Unfortunately, this approach has not proven to be superior. The method used to implement the concept may have affected the performance of the final product.
But now, advances in digital technology give us another opportunity to try out the concept of differential gain increase to enhance speech intelligibility in noise.
THE SPEECH ENHANCER
Recently, Widex introduced the Inteo, a 15-channel, 15-band hearing aid that uses an adaptive slow-acting enhanced dynamic range compression algorithm with a compression threshold at 0 dB HL to preserve the nuances of the input signals.
Among its distinctive features, the Inteo includes two options for noise management: the classic noise-reduction algorithm that improves listening comfort in many listening situations and a new patent-pending Speech Enhancer algorithm designed to maximize the Speech Intelligibility Index in noise. Both algorithms are activated when the input signals include noise components in one or more of the 15 independent channels. A description of the noise-reduction algorithm can be found in Kuk et al. 9 This article focuses on the Speech Enhancer and the implications of such a design.
The design goal of the Speech Enhancer is to improve the audibility (and, hopefully, intelligibility) of speech sounds in a noisy environment through a new optimization algorithm that maximizes the individual's Speech Intelligibility Index (SII).
Regarding the SII
The SII is a complex computational approach that estimates the intelligibility of speech based on how much the assumed speech spectrum is above the hearing loss of the wearer and the masking noise spectrum. An assumption of the model is that processing on the hearing aid is linear. The Inteo (and other digital hearing aids from Widex) can fairly apply this model because of its use of adaptive slow-acting compression, which preserves the short-term linearity of the signals. 10 A key factor in calculating the SII is to have accurate information on the equivalent speech spectrum level, the equivalent noise spectrum level, and the hearing loss of the individual. Once this information is available, the SII can be calculated as the sum of the portions of the speech spectrum that are above the hearing loss and noise spectrum (audibility) multiplied by its band importance function.
Thus, SII = ∑ I i A i where I is importance and A i is audibility for i band Figure 2 illustrates how the audibility function is estimated. The dotted black line is the individual's thresholds expressed in dB HL, the red curve is the equivalent masking level of the noise, and the green curve is the average speech spectrum. The shaded area is the speech spectrum. The area of the speech spectrum that is above the red curve and the black curve (shaded yellow area) is the audible speech region.
SII applied to the fitting
The SII approach has been used to select the optimal gain characteristics on linear hearing aids for maximum speech understanding. In this case, the SII for different combinations of gain settings on the hearing aids (which are used to amplify a specific speech spectrum and noise spectrum) can be calculated and compared so the combination that yields an amplified output with the highest SII is selected as the optimal settings for the wearer.
The set of SII values in Figure 3 that is displayed as a function of the different combinations of gain settings is called a "response surface." Figure 3 shows the response surface (or SII scores for different combinations of settings) generated from a comparison of settings on the low-frequency and high-frequency channels of a two-channel hearing aid. The SII was highest (red area of dome) when both channels were set to a moderate level (between 10 and 15 dB) of gain. A much lower SII is seen when both channels are set to either its maximum or minimum gain level (5 or 20 dB).
One can also see that if each channel has four gain settings for comparison (5, 10, 15, 20 dB), there will be a total of 4 x 4 or 16 combinations of settings that can be compared. For maximum efficiency, special optimization algorithms are designed so selection is done through the fewest comparisons of the SII values that yield an accurate and reliable estimate. One approach where these different combinations of settings can be compared is via a paired comparison format. 11 Although the principle of SII sounds simple and intuitive, the implementation is much more complex. From the hardware standpoint, optimization is a labor-intensive computational process. As the number of parameters (e.g., number of channels) increases, the number of comparisons required also increases. For ex-ample, there are 16 combinations of settings to compare in the previous two-channel example. If there are 15 frequency channels, and each allows 12 1-dB step adjustments, the number of settings that can be compared will be 12 15 or 15,407,021, 574,586,368. If these different settings were to be compared with each other, the number of comparisons will be 118,688,156,899,884,895, 460,964, 358,422,530. This is a truly astronomical figure that requires a very high-speed computer to carry out the computations and estimate the optimal settings.
Thus, previous attempts at using the SII model to select optimal hearing aid settings had to limit the optimization off-line and/or use stationary noise and speech spectra with defined characteristics. This restricts one to using a gain formula that is generated with the average speech spectrum at normal vocal effort.
Clearly, when the real-life speech spectrum is different from the one used in the development of the gain formula (such as different pitch and vocal efforts), there will be deviations from the predicted optimal settings. Thus, if the algorithm were to be implemented for real-life use, "real-time" analysis of the environments would need to be performed rapidly and the results updated frequently so valid samples of the speech and noise spectra would be available for referencing. Doing this demands the use of a very high-speed
processor and a precise and intelligent algorithm.
Action of the Speech Enhancer
The Inteo uses advanced IC chips that are many times more complex than even those used in the Senso Diva. The use of the Extended Input Dynamic Range (EIDR) technology at the input stage allows a linear input up to 107 dB SPL without level and temporal distortion. The use of EcoTech II technology ensures an efficient current drain and a high speed of processing. The Speech Enhancer is activated when a noise is identified. The estimation of "speech" and "noise" is performed continuously through the action of a Speech and Noise Tracer. At the same time, the noise spectrum level is estimated from the input signals while the speech spectrum level is extrapolated from the average speech spectra appropriate for the background noise level. 12 The information on the speech and noise spectra, along with the hearing loss information of the wearer, is used in the optimization procedure so that the different gain settings in each of the 15 channels are adjusted adaptively for the highest speech intelligibility index. This is a complex process because neither the speech spectrum used nor the noise spectrum is stationary.
When the input is primarily noise (or speech in noise with a very unfavorable SNR), the Speech Enhancer applies proportionate gain reduction (a maximum of 12 dB from the default gain reference) in the appropriate frequency regions while considering the hearing loss of the wearer. The amount of gain reduction is limited if it results in an output below the threshold of the wearer. This is fundamentally different from conventional noise-reduction algorithms in which the gain reduction is insensitive to the degree of hearing loss. Figure 4 estimates the output difference between the action of a noise-reduction algorithm that offers a uniform 12-dB gain reduction (left) and the Speech Enhancer (right). Again, the black line shows the wearer's thresholds. The green line is the final average speech spectrum and the red line is the equivalent masking level of noise. The shaded yellow area is the part of the speech spectrum audible to the wearer. In this case, note that the output in the higher frequencies (above 2000 Hz) from the SII algorithm (right) is higher than the algorithm that provides a uniform 12-dB gain reduction. Thus, gain reduction with the Speech Enhancer is dependent on the noise spectrum and initial gain on the hearing aid, as well as the wearer's hearing loss. Indeed, the more hearing loss a wearer has, the less gain reduction one may observe with the Speech Enhancer.
The gain optimization process operates continuously and takes about 20 seconds to stabilize to a final setting in a new noise environment. In a constantly changing environment where both the speech and noise spectra change, an additional fast-acting gain increase mechanism is invoked as well. This mechanism constantly checks for the SII, and increases the instantaneous gain in the appropriate channels where a gain increase may increase speech intelligibility.
The effect of this gain increase cannot be easily included in the previous figure  (Figure 4 ), but its magnitude can be as much as 6 dB in the mid-and high frequencies. Figure 5 shows a snapshot of the instantaneous gain changes across frequencies with the Speech Enhancer in a car noise situation where speech is also present (left). A "0" reading means the default gain is used. Bars below "0" indicate a gain reduction while those above "0" suggest a gain increase. One can see that the Speech Enhancer increases the gain of the hearing aid above 800 Hz and reduces gain below 800 Hz.
Figure 4. Difference in speech output audibility (shown in yellow shaded) between a uniform 12-dB gain reduction (left) and the Speech Enhancer (right).
On the other hand, the figure on the right (someone is vacuuming with the radio on) shows that gain reduction is the only appropriate action. Thus, possible gain increases is another major difference between the Speech Enhancer and classic noise-reduction algorithms.
CLINICAL IMPLICATIONS

Summary of major differences
The difference in objectives between the Speech Enhancer and conventional noisereduction algorithms results in at least two major differences between these two approaches. First, the Speech Enhancer is designed to maximize the Speech Intelligibility Index while ensuring comfort. This is done through gain increases as well as gain reduction. Classic noise reduction is designed to maximize listening comfort while preserving intelligibility. This is done through differential gain reduction.
The loudness of the amplified sounds, as well as the amount of audible speech cues that result from these two approaches, may be very different. Although a precise calculation of the real-life SII improvement with the Speech Enhancer is almost impossible, the approximation shown in Figure 4 suggests that there may be advantages with the Speech Enhancer over conventional noise-reduction algorithms. Additional behavioral studies are under way to document its efficacy.
Secondly, the Speech Enhancer is sensitive to the wearer's hearing loss. The amount of gain reduction is tailored to the degree of hearing loss of the wearer. In general, people with a milder loss are more likely to receive the maximum 12 dB of gain reduction while those with a more severe loss are less likely to. This is not true for conventional noise-reduction algorithms where the same reduction in gain is applied regardless of the wearer's hearing loss.
This difference suggests the possibility that the relative effectiveness of the Speech Enhancer (compared with conventional noise reduction) may depend on the wearer's hearing loss as well. Especially for people with hearing loss worse than moderate-to-severe who may find the loudness of amplified speech with classic noise reduction insufficient, the Speech Enhancer may provide an effective alternative.
Impact on verification
It has been reported that stimulus parameters, especially the duration of the stimulus used, play an important part in the verification of modern hearing aids. 13 The fact that the Speech Enhancer has differing effects on people with varying degrees of hearing loss adds another reason to take precautions in attempting to verify the actions of such an algorithm. Figure 6 shows a snapshot of the resulting frequency-gain display for the action of the Speech Enhancer on a wearer with a mild-to-severe sloping loss (left) and one with a moderately severe flat hearing loss (right) when both were talking while driving a car. The height of the bars shows the magnitude of the gain change. One can see that while the wearer with the milder loss primarily shows a gain reduction across frequencies, the wearer with the more severe loss shows gain reduction below 800 Hz and gain increase in the mid-to-high frequencies.
The observation from Figure 6 suggests that the amount of gain reduction (or increase) one observes during verification of the Speech Enhancer depends on the degree of hearing loss programmed into the Inteo hearing aid as well as the stimulus used for the verification. If one's purpose is to verify the maximum amount of gain reduction offered by the Speech Enhancer, then one must use a continuous, non-modulated broadband signal (e.g., white noise, speech-shaped noise) and present it for at least 20 seconds for the measurement. At the same time, the Inteo hearing aid must be programmed for a mild hearing loss (say, flat 30 dB HL 
across frequencies).
On the other hand, if one's purpose is to examine the amount of gain reduction (or increase) that the wearer receives in real life, one may use the same stimulus conditions described above and program the hearing aid with the wearer's actual threshold information. However, one must realize that the maximum 12-dB gain reduction may not always be observed, depending on the thresholds entered. Furthermore, since the Speech Enhancer provides gain increases as well as gain reduction, the change in overall output level may be less than that provided by conventional noise-reduction algorithms. One must not assume that a large gain reduction or a fast gain change implies a more efficient noise-reduction system.
One may also expect the use of the Speech Enhancer to result in a higher speech-in-noise score than conventional noise reduction. While validation studies are not yet completed, it is important to recognize that the Speech Enhancer takes about 20 seconds to stabilize to the final gain settings in a new environment. That means when evaluating speech-in-noise performance, one must use a continuous complex noise (and not gated ones) that has been turned on for at least 30 seconds in order to fully evaluate the potential or efficacy of such a system. Otherwise, its efficacy may be underestimated.
The Inteo Speech Enhancer represents a distinct advance in hardware technology and the utilization of such a technology over previous attempts in single-mic speech-enhancement methods. In order to fit and verify the performance of such an algorithm appropriately clinicians must understand the differences between the Speech Enhancer and other noise-reduction methods. 
